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MULTI-CHANNEL AUDIO ENHANCEMENT
SYSTEM

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application claims priority under 35 U.S.C. §120 as a
continuation application of U.S. patent application Ser. No.
13/286,082, filed Oct. 31, 2011, issuing as U.S. Pat. No.
8,509,464 on Aug. 13, 2013, which is a continuation of U.S.
patent application Ser. No. 11/963,679, filed Dec. 21, 2007,
which claims priority under 35 U.S.C. §119(e) from U.S.
Provisional Application No. 60/876,248 filed Dec. 21, 2006,
entitled “Multi-Channel Audio Enhancement System.” The
disclosures of each of the foregoing applications are hereby
incorporated by reference in their entirety.

BACKGROUND

1. Technical Field

Certain embodiments of this disclosure relate generally to
audio enhancement systems.

2. Description of the Related Technology

Increasing technical capabilities and user preferences have
led to awide variety of audio recording and playback systems.
Audio systems have developed beyond the simpler stereo
systems having separate left and right recording/playback
channels to what are commonly referred to as surround sound
systems. Surround sound systems are generally designed to
provide a more realistic playback experience for the listener
by providing sound sources that originate or appear to origi-
nate from a plurality of spatial locations arranged about the
listener, generally including sound sources located behind the
listener.

A surround sound system will frequently include a center
channel, at least one left channel, and at least one right chan-
nel adapted to generate sound generally in front of the lis-
tener. Surround sound systems will also generally include at
least one left surround source and at least one right surround
source adapted for generation of sound generally behind the
listener. Surround sound systems can also include a low fre-
quency effects (LFE) channel, sometimes referred to as a
subwoofer channel, to improve the playback of low frequency
sounds. As one particular example, a surround sound system
having a center channel, a left front channel, a right front
channel, a left surround channel, a right surround channel,
and an LFE channel can be referred to as a 5.1 surround
system. The number 5 before the period indicates the number
of non-bass speakers present and the number 1 after the
period indicates the presence of a subwoofer.

SUMMARY OF SOME EMBODIMENTS

In certain embodiments, a method for processing audio
signals can include receiving left and right front audio sig-
nals, where the left and right front audio signals each include
information about a front spatial position of a sound source
relative to a listener. The method can also include receiving
left and right rear audio signals, where the left and right rear
audio signals can each include information about a rear spa-
tial position of a sound source relative to a listener. In addi-
tion, the method can include applying at least one front per-
spective filter to each of the left and right front audio signals
to yield filtered left and right front output signals, where the
left and right front output signals each drive a front speaker.
Moreover, the method can include applying at least one rear
perspective filter to each of the left and right rear audio signals
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2

to yield left and right rear output signals, where the left and
right rear output signals each drive a rear speaker to simulate
a rear surround sound effect when positioned in front of a
listener.

A system can also be provided for processing audio sig-
nals. The system can include, for example, left and right front
audio signals each having information about a front spatial
position of a sound source relative to a listener. The system
can also include left and right rear audio signals each having
information about a rear spatial position of a sound source
relative to a listener. In addition, the system can include at
least one front perspective filter that filters each of the left and
right front audio signals to yield filtered left and right front
output signals, where the left and right front output signals
each drive a front speaker. The system also includes, in some
implementations, at least one rear perspective filter that filters
each of the left and right rear audio signals to yield left and
right rear output signals, where the left and right rear output
signals each drive a rear speaker to simulate a rear surround
sound effect when positioned in front of or facing a listener.

Moreover, in certain embodiments a system for processing
audio signals includes left and right front audio signals each
having information about a front spatial position of a sound
source relative to a listener, and left and right rear audio
signals each having information about a rear spatial position
of a sound source relative to a listener. In certain embodi-
ments, the system further includes a dialog clarity module
that enhances dialog in at least one of (a) the left and right
front audio signals and (b) a center front audio signal. The
system can also include at least one front perspective filter
that filters each of the left and right front audio signals to yield
filtered left and right front output signals, where the left and
right front output signals each drive a front speaker, and at
least one rear perspective filter that filters each of the left and
right rear audio signals to yield left and right rear output
signals, where the left and right rear output signals each drive
a rear speaker to simulate a rear surround sound effect when
positioned facing a listener. Moreover, the system can include
a bass management module that can enhance a bass response
associated with at least the filtered left and right front output
signals and selectively apply crossover filters to one or more
of'the filtered left and right front output signals and the filtered
left and right rear output signals.

Neither this summary nor the following detailed descrip-
tion purports to define the inventions disclosed herein. The
inventions disclosed herein are defined by the claims.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 illustrates an example listening situation where a
listener is placed in front of multiple speakers;

FIG. 2 illustrates an embodiment of an audio system for use
in the example listening situation of FIG. 1;

FIG. 3 illustrates another embodiment of an audio system
for use in the example listening situation of FIG. 1;

FIGS. 4 and 5 illustrate embodiments of signal routing
modules of the audio systems of FIGS. 2 and 3;

FIGS. 6 and 7 illustrate embodiments of surround process-
ing modules of the audio systems of FIGS. 2 and 3;

FIG. 8 illustrates an embodiment of an output mix module
of the audio systems of FIGS. 2 and 3;

FIGS. 9A and 9B illustrate embodiments of perspective
filters of the surround processing modules of FIGS. 6 and 7,
respectively;

FIG. 10 illustrates an embodiment of a dialog clarity mod-
ule of the audio system of FIG. 3;
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FIG. 11 illustrates an embodiment of a bass management
module of the audio system of FIG. 3;

FIG. 12 illustrates an embodiment of a bass enhancer of the
bass management module of FIG. 11;

FIG. 13 illustrates an embodiment of a definition module of
the audio system of FIG. 3; and

FIGS. 14-19 illustrate embodiments of frequency response
curves corresponding to filters used in the audio systems of
FIGS. 2 and/or 3.

DETAILED DESCRIPTION OF SOME
EMBODIMENTS

Generally, the more speakers in a surround sound system,
the greater is the cost of the system. Systems have therefore
been developed to create a virtual surround sound environ-
ment using two front speakers representing left and right front
channels. Subwoofers have also been used with such systems.
An example of one such system is disclosed in U.S. Pat. No.
5,912,976 to Klayman et al., titled “Multi-Channel Audio
Enhancement System for Use in Recording and Playback and
Methods for Providing Same,” issued Jun. 15, 1999 (“the
Klayman patent”), the disclosure of which is hereby incorpo-
rated by reference in its entirety. While systems such as those
described in the Klayman patent can provide excellent virtual
surround sound results, some listeners of such systems might
not perceive virtual surround sound at all times.

It can therefore be desirable to provide additional rear
surround speakers with such audio systems. Adding surround
speakers also has drawbacks, however. For example, placing
speakers at the rear of a listener can require extensive, time-
consuming wiring. Placement of such speakers can also be
awkward in listening areas with limited space, such as in
apartments or the like. Thus, certain embodiments describe
systems and methods for providing surround speakers that are
placed in front of or facing a listener. Advantageously, certain
processing algorithms can be used to create a perception that
the outputs of the surround speakers are coming from virtual
speakers placed behind a listener. Because the speakers are
actually placed in front of the listener, certain embodiments of
such speakers do not necessarily require the extensive wiring
that is typically used for surround speakers. In addition, the
surround speakers can be placed in less obtrusive locations,
such as near the front speakers, while still providing a sur-
round sound experience.

The features of these systems and methods will now be
described with reference to the drawings summarized above.
Throughout the drawings, reference numbers are re-used to
indicate correspondence between referenced elements. The
drawings, associated descriptions, and specific implementa-
tion are provided to illustrate embodiments of the inventions
disclosed herein and not to limit the scope of the inventions
disclosed herein.

In addition, signal processing algorithms described herein
are not limited to any particular sequence, and the blocks or
states relating thereto can be performed in other sequences
that are appropriate. For example, described blocks or states
may be performed in an order other than that specifically
disclosed, or multiple blocks or states may be combined in a
single block or state. Moreover, the various modules, blocks,
and components of the systems described herein can be
implemented as software applications, modules, or hardware
components on one or more computers or embedded systems.
While the various modules, components, and blocks are illus-
trated separately, they may share some or all of the same
underlying logic or code.
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FIG. 1 shows an example situation 100 where a listener 101
is listening to sound from a multi-speaker device such as
headphones, a television, a computer speaker system, other
audio and/or audiovisual equipment, combinations of the
same, and the like. In the depicted embodiment six speakers
are shown, including a left rear (surround) speaker 102, a left
front speaker 104, an optional center speaker 106, a right front
speaker 108, a right rear (surround) speaker 110, and an
optional subwoofer 112.

In addition, two virtual speakers 114, 116 are also shown,
including a left rear or surround virtual speaker 114 and a
right rear or surround virtual speaker 116. The virtual speak-
ers 114, 116 in certain embodiments represent sound that the
listener 101 perceives as coming from behind or surrounding
the listener. In certain embodiments, the sound emanating
from the virtual speakers 114, 116 is provided by the left rear
speaker 102 and the right rear speaker 110, respectively.
These speakers 102, 110 are advantageously able to produce
sound perceived as virtual speakers 114, 116 while positioned
in front of or facing the listener. In certain embodiments, the
outputs of the left and right rear speakers 102, 110 create the
virtual speakers 114, 116 by being processed using perspec-
tive filters, as described in further detail below.

In addition to the surround sound enhancements of the
virtual speakers 114, 116, further enhancements of the sound
can be provided. For example, enhancement of dialog present
in a television show, movie, or other audio can be provided.
Bass audio frequencies can be enhanced in certain embodi-
ments. In addition, if a subwoofer is present, bass frequencies
can be localized on the subwoofer. Examples of these and
other audio enhancements are described in further detail
below.

FIG. 2 illustrates an embodiment of an audio system 200.
The audio system 200 can receive a variable number of inputs
210 and produce a variable number of outputs 280. The audio
system 200 advantageously enables additional surround
speakers to be placed in front of a listener while generating
virtual speakers perceived by the listener.

Various inputs 210 are provided to the audio system 200. In
certain embodiments, the number of inputs 210 can range
from one input to seven inputs. In other words, in certain
embodiments inputs ranging from a mono input to a full 6.1
surround set of inputs can be provided. A full range of 6.1
surround sound inputs 210 are shown in the depicted embodi-
ment, including a left front input 220, a right front input 222,
a center front input 224, a subwoofer input 226, a left sur-
round input 228, a right surround input 230, and a center
surround input 232. However, in certain embodiments, the
audio system 200 can receive fewer or more inputs 210 than
those shown.

Certain of the inputs 210 can include Circle Surround or
other matrix surround encoded inputs in some implementa-
tions. Matrix surround-encoded inputs can be inputs provided
by a 5-2-5 matrix surround encoder, which matrix encodes
five-channel audio onto two audio channels. These two chan-
nels can be efficiently transmitted to a decoder in the audio
system, an example of which is described below with respect
to FIG. 5. In certain embodiments, the encoded audio can be
efficiently transmitted to the decoder using any of the popular
compression schemes available, such as Mp3, RealAudio,
WMA, combinations of the same, and the like.

As described above, the inputs 210 can include a single or
mono input 210 in some implementations. For example, a
mono input 210 can be provided as the center input 224 in one
embodiment. A mono-to-stereo conversion module 234 can
convert the mono input 210 into a stereo signal which is
routed to the inputs 220 and 222. The mono-to-stereo conver-
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sion module 234 in certain embodiments can use the mono-
to-stereo conversion techniques described in U.S. patent
application Ser. No. 10/734,776, entitled “Systems and Meth-
ods of Spatial Image Enhancement of a Sound Source,” filed
Dec. 12,2003, the disclosure of which is hereby incorporated
by reference in its entirety.

In addition to providing for a variable number of inputs
210, the audio system 200 can provide a variable number of
outputs 280. As shown, these outputs 280 can include upto a
left (front) output 282, a right (front) output 284, a center
(front) output 286, a subwoofer output 288, a left (rear) sur-
round output 290, and a rear (rear) surround output 292. In
certain embodiments, fewer or more than all the depicted
outputs 280 shown are provided by the audio system 200. The
number of outputs 280 provided can be adjusted by a listener.

For convenience, the remainder of this specification will
refer to the inputs 210 and outputs 280 as having input modes
and outputs modes, respectively. These input and output
modes will be referred to using an “x_y_z" convention, where
the “x” refers to the number of front inputs 210 or outputs 280,
the “y” refers to the number of surround inputs 210 or outputs
280, and the “z” refers to the presence of a subwoofer. Thus,
for example, if three front inputs 210 are provided and two
rear inputs 210 are provided, then the input mode could be
describedas3 2 0. As another example, if two front outputs
280, two surround outputs 280, and a subwoofer output 280
output are provided, the output mode could be represented as
2.2 1.

The following Table illustrates example input mode con-
figurations available in certain embodiments of the audio
system 200. The Table refers to the inputs 220 through 232 as
L, C, R, Sub, Ls, Cs, and Rs, respectively. Table 1 also
describes a Passive Matrix mode, which provides L, and R,
signals. The “t” subscript refers to “total,” indicating that each
L, and R, signal includes encoded information for possibly
multiple channels. Table 1 also describes a 3_2_BSDigital
mode, which includes signals provided by a BS Digital
Broadcaster, which, in certain embodiments, do not include a
discretely-encoded center channel. In addition, Table 1
describes a PL.2_Music mode for signals decoded with Dolby
Pro Logic II and a Circle Surround mode for inputs received
from a Circle Surround decoder.

TABLE 1

Input Modes

Input Mode Inputs 210 (Channels)

C/Sub

LR/

Sub

L R/Cs/Sub

L R/Ls Rs/Sub
LCR/

Sub

L C R/Cs/Sub

o O

1
1

ro =

W N N
O N

_1
1
_0_1
311
(Also for signals
decoded with Dolby
Pro Logic)
321
(Also for signals
decoded with Dolby
Pro Logic IT in Movie
mode)
331
Passive Matrix encoded
signals (e.g., encoded
using Circle Surround
techniques)
3_2_ BSDigital

L C R/Ls Rs/Sub

L C R/Ls Cs Rs/Sub
Lt Rt

L C R/Ls Rs/Sub
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TABLE 1-continued

Input Modes

Input Mode Inputs 210 (Channels)

PL2_ Music L C R/Ls Rs/Sub
(For signals decoded
with Dolby Pro Logic 1T
in Music mode)

Circle Surround

(For signals decoded
with Circle Surround)

L C R/Lg,, Resy/Sub

The following Table 2 illustrates example output modes
available in certain embodiments of the audio system 200.
The Table refers to the outputs 282 through 292 as L., C, R,
Sub, Ls, Cs, and Rs, respectively.

TABLE 2

Qutput Modes

Outputs 280 (Channels)
Used

L,R,Ls,Rs

L, R, Ls, Rs, Sub
L,R,C,Ls,Rs

L, R, C, Ls, Rs, Sub

Continuing, in certain embodiments the left input 220, the
right input 222, and the center input 224 are provided to a
front signal routing module 240q. Likewise, in certain
embodiments the left surround input 228, the right surround
input 230, and the center surround input 232 are provided to
a rear signal routing module 24056. The front signal routing
module 240a can include components for combining or rout-
ing certain of the front inputs 220, 222, and 224 depending on
a selected input mode. Likewise, the rear signal routing mod-
ule 2405 can include components for combining certain of the
inputs 228, 230, and 232 depending on the input mode.

The front and rear signal routing modules 240 can further
adjust an input gain of the inputs 210 in certain embodiments
to increase headroom for further signal processing. In addi-
tion, one or both of the signal routing modules 240 can
include a passive matrix decoder that decodes Circle Sur-
round inputs. An example passive matrix decoder is shown
and described below with respect to FIG. 5.

The front signal routing module 240qa provides a left pre-
output 242, a right pre-output 244, and a center pre-output
246 to a front surround processing module 250a. Similarly,
the signal routing module 2405 provides a left surround pre-
output 247, a right surround pre-output 248, and a center
surround pre-output 249 to a rear surround processing mod-
ule 250a. In certain embodiments, the front and rear surround
processing modules 250 include one or more perspective
filters that produce or enhance surround sound effects of the
pre-outputs 242 through 249. The front and rear surround
processing modules 250 can also process the subwoofer input
226 in certain embodiments. More detailed embodiments of
the surround processing modules 250 are described below
with respect to FIGS. 6 and 7.

The front processing module 2504 provides a left post 242
output, a right post output 254, and a center post output 256 to
an output mix module 260. The rear processing module 2505
likewise provides a left surround post output 258 and a right
surround post output 259 to the output mix module 260.

The output mix module 260 includes components for mix-
ing one or more of the post outputs 252, 254, and 256. The
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output mix module 260 in certain embodiments also passes
the left and right surround post outputs 258, 259 without
mixing these outputs. Additionally, in certain embodiments,
the output mix module 260 applies a user-adjustable gain to
the left and right surround post outputs 258, 259. This user-
adjustable gain can be applied to adjust the amount of sur-
round effect provided.

The output mix module 260 provides a left mix output 262,
a right mix output 265, a center mix output 266, a subwoofer
mix output 268, a left surround mix output 270, and a right
surround mix output 272. These mix outputs in certain
embodiments are provided as the outputs 280, which in more
detail include outputs 282, 284, 286, 288, 290, and 292,
respectively.

Turning to FIG. 3, another embodiment of an audio system
300 is shown. The audio system 300 in certain embodiments
includes all of the functionality of the audio system 200. For
instance, the audio system 300 includes the inputs 210, the
signal routing modules 240, the surround processing modules
250, and the output mix module 260. The audio system 300
also provides additional audio enhancement modules includ-
ing a dialog clarity module 351, a bass management module
380, and definition modules 393.

The dialog clarity module 351 of certain embodiments
includes one or more dialog clarity filters for enhancing the
clarity of dialog. The dialog clarity module 351 can benefi-
cially enhance the clarity of dialog found in movies, televi-
sion shows, other audio and/or audiovisual productions, and
the like. Certain implementations of the dialog clarity module
351 enhance dialog by emphasizing formants in speech. An
example dialog clarity module 351 is described below with
respect to FIG. 10. In addition, in certain embodiments the
dialog clarity module 351 can use some or all of the dialog
clarification techniques disclosed in U.S. Pat. No. 5,459,813
to Klayman, titled “Public Address Intelligibility System,”
issued Oct. 17, 1995, the disclosure of which is hereby incor-
porated by reference in its entirety.

The bass management module 300, in certain embodi-
ments, includes a bass enhancer for optionally enhancing low
frequency audio information provided on the front mix out-
puts 262, 264, and 266 and/or the subwoofer mix output 268.
The bass management module 380 can also include a cross-
over network of filters that can be optionally applied to one or
more of the mix outputs 262 through 272. The crossover
network can be used, for instance, when a subwoofer output
397 is used. This crossover network can apply filters to the
mix outputs 262 through 272 to beneficially localize low
frequency information on the subwoofer channel. The bass
enhancement and crossover features of the bass management
module 300 can be turned on or off by a listener in certain
embodiments. Further details of the bass enhancer and cross-
over network are described with respect to FIGS. 11 and 12
below.

The bass management module 380 passes a subwoofer
output 388, a left surround output 391, and a right surround
output 392 as a subwoofer output 397, a left surround output
398, and a right surround output 399. The bass management
module 380 also optionally passes a left output 382, a right
output 384 and a center output 386 to one or more definition
modules 393.

The definition modules 393, in certain embodiments,
include one or more filters for emphasizing certain high fre-
quency regions of audio signals. These filters can improve the
perception of clarity and of acoustic space in the left, right,
and/or center outputs 382, 384, and 386. One definition mod-
ule 393 can receive all three outputs 382, 384, and 386.
Alternatively, as shown, three separate definition modules
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393 can each receive an output 382, 384, and 386. More
detailed embodiments of the definition module 393 are
described below with respect to FIG. 13.

Turning to FIG. 4, an example embodiment of a signal
routing module 400 is shown. The signal routing module 400
in one embodiment is an implementation of the front signal
routing module 2404 described above with respect to FIGS. 2
and 3. In addition to other features, the signal routine module
400 includes components for combining or routing certain of
the front inputs 220, 222, and 224 depending on a selected
input mode.

The signal routing module 400 receives the left input 220,
the right input 222, and the center input 224. These inputs are
each provided to input gain blocks 402, 404, and 406, respec-
tively. The input gain blocks 402, 404, and 406 in various
implementations control the signal level of the inputs 220,
222, and 224. The input gain blocks 402, 404, and 406 can, for
example, attenuate one or more the signal inputs 220, 222,
and 224 to provide additional headroom for further process-
ing.

For example, in one embodiment, the input gain blocks
402, 404, and 406 can have a gain value ranging from O to 1.
An exemplary value of the input gain blocks 402, 404, and
406 is 0.5, representing a one-half or 6 decibel (dB) attenua-
tion. However, other values and ranges may be chosen. The
values of the input gain blocks 402, 404, and 406 are equal in
one embodiment but can vary from one another in other
embodiments.

The output of the input gain block 402 is provided to sum
block 408. Likewise, the output of the input gain block 404 is
provided to sum block 410. The output of input gain block
406 is provided to switch 412. If a BS Digital mode is
selected, the output of the switch 412 is provided to both sum
blocks 408, 410. The sum block 408 then sums the input from
the input gain block 402 and the input gain block 406 and
provides the left pre output 242. The sum block 410 sums the
input from the input gain block 404 and the input gain block
406 and provides the left pre output 242.

If, however, BS Digital mode is not selected, the switch 412
passes the output of the input gain block 406 as the center pre
output 246 and does not pass an output to the sum blocks 408
and 410. Accordingly, the sum blocks 408, 410 pass their
respective inputs to the left pre output 242 and the right pre
output 244, respectively.

FIG. 5 illustrates another example embodiment of a signal
routing module 500. The signal routing module 500 in one
embodiment is an implementation of the rear signal routing
module 2405 described above with respect to FIGS. 2 and 3.
In addition to other features, the signal routine module 500
includes components for combining or routing certain of the
rear inputs 228, 230, and 232 depending on a selected input
mode.

In embodiments where matrix surround-encoded inputs
are provided, the signal routine module 500 also includes
components for combining or routing the matrix surround-
encoded inputs. For example, matrix surround-encoded left
and right (total) inputs 220, 222. These inputs are provided to
input gain blocks 506, 508 respectively, which in certain
embodiments include the same functionality of the input gain
blocks described above with respect to FIG. 4. The outputs of
the input gain blocks 506 and 508 are provided to a passive
matrix decoder 510. The passive matrix decoder uses these
outputs to synthesize a left surround input 516 and a right
surround input 518, which are provided to sum blocks 526
and 530, respectively.

The inputs 220 and 222 can be used in some non-Circle
Surround implementations. For instance, if the input mode
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includes no surround content (e.g., 2 0_1or3_0_1), the
left and right inputs 220, 222 can be provided to the respective
input gain blocks 506, 508, which provide outputs to the
passive matrix decoder 510. The passive matrix decoder 510
can then be used to synthesize the left surround input 516 and
the right surround input 518.

The left surround input 228, center surround input 230, and
right surround input 2323 are also provided to respective
input gain blocks 520,522, and 524, which can function in the
manner described above. The output of the input gain block
520 is provided to a sum block 526, the output of the input
gain block 522 is provided to switch 528, and the output of
input gain block 524 is provided to a sum block 530.

Ifthe input modeisx_ 2_x,the sumblock 526 also receives
the output of the input gain block 522. The sum block 526
sums the output of the input gain block 520, the output 516,
and optionally the output of the input gain block 522 to
produce the left surround pre output 247. The sum block 530
also receives the output of the input gain block 522 if the input
modeis 3.3 _xorx_1_x.The sum block 530 then sums the
output of the input gain block 524, the output 518, and option-
ally the output of the input gain block 522 to produce the right
surround pre output 249. Additionally, if the input mode is
3_3_xorx_1_x, the switch 528 provides the output of the
input gain block 522 as the center surround pre output 248.

FIG. 6 illustrates an embodiment of a front surround pro-
cessing module 600. In certain embodiments the front sur-
round processing module 600 is a more detailed example
implementation of the front surround processing module
350a. In certain embodiments, the front surround processing
module 600 produce or enhances surround sound effects of
the pre-outputs 242, 244, and 246. In addition, the front
surround processing module 600 can process the subwoofer
input 226 in certain embodiments.

The front surround processing module 350a receives the
left pre output 242, the right pre output 244, the center pre
output 246, and the subwoofer input 226 from a signal routing
module. The left pre output 242 and the right pre output 244
are summed at block 602 and at sum block 604. The output of
the sum block 602 is provided to a multiply block 610, which
multiplies the output of the sum block 602 with a front space
control input 608. The front space control input 608 is pro-
vided in some implementations for testing and customization
purposes. The front space control input 608 can include a -3
to —12 dB value in certain embodiments, which effectively
reduces the output of the sum block 602 by -3 to -12 dB.
However, other values can be chosen for the front space
control input 608.

The output of the multiply block 610 is provided to a
perspective front space module 618. The perspective front
space module 618 includes one or more perspective filters,
which process the output of the multiply block 610 to provide
or enhance a front surround sound effect. An embodiment of
the perspective front space module is described in greater
detail below with respect to FIG. 8. The output of the per-
spective front space module 618 is provided to sum block
630.

Referring again to the left pre output 242, this output 242 is
also provided to a gain block 606, which in the depicted
embodiment includes a =18 dB attenuation. This value may
be varied in other implementations. The output of the gain
block 606 is provided to the sum block 630. Similarly, the
right pre output 244 is also provided to a gain block 616,
which in the depicted embodiment also includes a —-18 dB
attenuation. This value also may be varied in other implemen-
tations. The output of the gain block 616 is provided to a sum
block 642.
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The output of the sum block 604 is provided to switches
612 and 614. In the depicted embodiment, if a center input is
included in the audio system 200 or 300, the switches 612,
614 provide the center pre output 246 to multiply block 624.
Additionally, in such an embodiment, the output of the sum
block 604 is provided to gain block 620, which has an
example value of =20 dB. The output of the gain block 620 is
further provided to a sum block 632. However, if a center
input is not included, the switches 612, 614 provide the output
of the sum block 604 to the multiply block 624.

The multiply block 624 multiples the center pre output 246
with a front center control input 622. The front center control
input 622 is provided in some implementations for testing and
customization purposes. In certain embodiments, the front
center control input 622 has a value of -4 dB, although other
values may be chosen in other embodiments. The output of
the multiply block 624 is provided to a dialog enhancer mod-
ule 651 for enhancing dialog on the center pre output 246 or
the combined left and right pre outputs 242, 244. The dialog
enhancer module 641 can have the same or similar function-
ality as the dialog enhancer module 351 described above with
respect to FIG. 3. In addition, a more detailed example imple-
mentation of the dialog enhancer module 651 is shown in
greater detail below with respect to FIG. 10.

The output of the dialog enhancer module 651 is provided
to a gain block 628, which in the depicted embodiment has an
example value of -3 dB. The output of the gain block is
provided to switch 634. Likewise, the output of the dialog
enhancer 651 is also provided directly to switch 634. If the
output mode is 2 0_x or 2_ 2_x, then the switch 634 pro-
vides the output from the dialog enhancer 351 directly to sum
block 632. If, however, the output mode is neither 2. 0_x or
2 2 x,thenthe switch 634 instead provides the output of the
gain block 628 to the sum block 632.

The output of the dialog enhancer module 651 is also
provided to switch 640. If the output mode is 3__0_x or
3_ 2 x,then the switch 640 provides the output of the dialog
enhancer 651 as the center post output 356. Otherwise, the
switch 640 does not pass the output of the dialog enhancer
module 651 as the center post output 356.

The subwoofer input 226 is provided to switch 636. If
Circle Surround mode is not in use, then the output of the
switch 636 is provided to switch 638. Otherwise, the output of
the switch 636 is not provided to the switch 638. The switch
638 provides an output if the system is not in x_x__1 output
mode.

The output of the switch 638 is provided to sum block 632,
which provides a summed output to the sum block 642. The
output of the sum block 642 provided as the right post output
354. The output of the sum block 630 is the left post output
352.

FIG. 7 illustrates an embodiment of a rear surround pro-
cessing module 700. In certain embodiments the rear sur-
round processing module 700 is a more detailed example
implementation of the rear surround processing module
2506. In certain embodiments, the rear surround processing
module 700 produce or enhances surround sound effects of
the pre-outputs 247, 248, and 249. In addition, the rear sur-
round processing module 700 can process the subwoofer
input 226 in certain embodiments.

In an embodiment, the rear surround processing module
2505 receives the left surround pre output 247, the center
surround pre output 248, the right surround pre output 249,
and the subwoofer input 226. The left surround pre output 247
and the right surround pre output 249 are provided to sum
block 702, where the right surround pre output 249 is sub-
tracted from the left surround 247.
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The output of the sum block 702 is provided to a switch
706. If Circle Surround-encoded inputs are provided, then the
switch 706 does not pass the output of the sum block 702.
Otherwise, the switch 706 passes the output of the sum block
702 to a perspective rear space module 708. The perspective
rear space module 708 includes one or more perspective
filters for providing or enhancing a rear surround sound
effect. A more detailed example embodiment of the perspec-
tive rear space module 708 is described below with respect to
FIG. 9.

The output of the perspective rear space module 708 is
provided to multiply block 710, where it is multiplied with a
rear space control input 712. The rear space control input 712
is provided in some implementations for testing and customi-
zation purposes. Example values for the rear space control
input 712 can range from -11 dB to +9 dB, depending on
input mode used. However, other values and ranges can be
used in alternative embodiments. The output of the multiply
block 710 is provided to a multiply block 728, a multiply
block 736, and a sum block 730.

The left and right surround pre outputs 247, 249 are also
provided to sum block 704, where the two outputs 247, 249
are summed together. The output of the sum block 704 is
provided to switch 714. If the input mode is 3_ 3_x, then the
switch 714 passes the center surround pre output 248 to a
perspective rear center module 716. However, if the input
mode is not 3_3_x, then the switch 714 instead passes the
output of the sum block 704 to the perspective rear center
module 716.

The perspective rear center module 716 in certain embodi-
ments includes the same functionality as the perspective rear
space module 708. The output of the perspective rear center
module 716 is provided to multiply block 718, which multi-
plies this output with a rear center control input 720. The rear
center control input 720 is provided in some implementations
for testing and customization purposes. The rear center con-
trol input 720 can have a range of values, suchas —11 dB to +9
dB, in certain embodiments. The output of the multiply block
718 is provided to sum block 732. The sum block 732 in turn
provides an output to sum blocks 730 and 734.

The left surround pre output 247 is also provided to a gain
block 726. The value of the gain block 726 in the depicted
embodiment is —12 dB, although other values may be chosen.
The output of the gain block 726 is provided to sum block
730. The left surround pre output 247 is also provided to
multiply block 728, where the output 247 is multiplied with
the output of the multiply block 710. The outputs of both the
sum block 730 and the multiply block 728 are provided to a
switch 740. If Circle Surround-encoded inputs are used, then
the switch 740 passes the output of the multiply block 728 as
the left surround post output 258. Otherwise, switch 740
passes the output of the sum block 730 as the left surround
post output 258.

The right surround pre output 249 is similarly passed to a
gain block 738, which in the depicted embodiment has a —12
dB gain, although other values may be chosen. The output of
the gain block 738 is provided to the sum block 734. The right
surround pre output block 249 is also provided to the multiply
block 736. The outputs of the sum block 734 and the multiply
block 736 are provided to a switch 742. If Circle Surround-
encoded inputs are used, then the switch 742 passes the output
of the multiply block 736 as the right surround post output
259. Otherwise, the switch 742 passes the output of the sum
block 734 as the right surround post output 259.

The subwoofer input 226 is provided to a switch 722. If
Circle Surround-encoded inputs are used, then the output of
the switch 722 is passed to the switch 706. The switch 706

10

15

20

25

30

35

40

45

50

55

60

12

passes this output to the perspective rear space module 708 in
place of the output of the sum block 702 if Circle Surround-
encoded inputs are used. If Circle Surround-encoded inputs
are not used, the output of the switch 722 is instead passed to
a switch 724. If the output mode is x_x_ Oorx_x__1, then the
output of the switch 724 is passed to the sum block 732.
Otherwise, the output of the switch 724 is not passed by the
switch 724.

FIG. 8 illustrates an embodiment of an output mix module
800. In certain embodiments the output mix module 800 is a
more detailed example implementation of the output mix
module 260. In certain embodiments, the output mix module
800 includes components for mixing one or more of the post
outputs 252, 254, and 256 ofthe audio system 200, or the post
outputs 352, 354, and 356 of the audio system 300. The output
mix module 800 in certain embodiments also passes the left
and right surround post outputs 258, 259 and the subwoofer
input 226 without mixing these signals.

The output mix module 260 receives, for example, the left
post output 352, the right post output 354, the center post
output 356, the subwoofer input 226, the left surround post
output 258, and the right surround post output 259. The left
post output 352 is provided to a sum block 802. The sum
block also receives the output of switch 806. Switch 806
receives the center post output 356. The center post output
356 is passed by the switch 806 to sum block 802 if the output
mode is either 2. 2_x or 3_2_x. Otherwise, the center post
output 356 is provided by the switch 806 directly as the center
mix output 366. The output of the sum block 802 is the left
mix output 362.

The right post output 354 is provided to a sum block 804.
Sum block 804 likewise receives the output of the switch 806
if the output mode is either 2 2_x or3_ 2_x. The output of
sum block 804 is provided as the right mix output 364. The
subwoofer input 226 is provided directly as the subwoofer
mix output 268.

The left surround post output 258 is provided to a multiply
block 810 and a sum block 808. The multiply block 810
multiplies the left surround post output 258 with a surround
level control input 812. The surround level control input 812
in certain embodiments adjusts the level of rear surround
effect provided by an audio system, such as the audio system
200 or 300. The output of the multiply block 810 is provided
to the sum block 808, which adds this output with the left
surround post output 258. The output of the sum block 808 is
provided as the left surround mix output 270.

In a similar manner, the right surround post output 259 is
provided to a sum block 816 and to a multiply block 814. The
multiply block 814 multiplies this output 259 with the sur-
round level control input 812. The output of the multiply
block 814 is provided to the sum block 816 to be summed
with the right surround post output 259. The sum block 816
provides an output as the right surround mix output 272.

FIG. 9A illustrates an embodiment of front perspective
module 900A, which in certain embodiments represents a
more detailed implementation of the perspective front space
module 618. The front perspective module 900A beneficially
includes one or more perspective filters or curves for produc-
ing or enhancing a front surround sound effect.

The front perspective module 900A is shown receiving an
input sample 901. The input sample 901 is provided to a filter
903. In the depicted embodiment, the filter 903 is a high pass
filter having a corner frequency of about 48 hertz (Hz). Other
values, however, may be chosen in other embodiments.

The output of the filter 903 is provided to a gain block 905,
a gain block 907, a filter 909, and a filter 911. The gain block
905 in the depicted embodiment includes an example -16 dB
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gain (e.g., attenuation). The output of the gain block 905 is
provided to a switch 913. The gain block 907 includes an
example —6 dB gain. The output of the gain block 907 is also
provided to the switch 814. If the output mode is set to
headphone, then the switch 913 passes the output from the
gain block 905 to a sum block 915. Conversely, if headphones
are not used as an output mode, the switch 913 passes the
output of gain block 907 to the sum block 915.

The filter 909 in the depicted embodiment is a high pass
filter having a corner frequency of about 7 kilohertz (kHz).
The value of the corner frequency may be varied in certain
embodiments. The output of the pass filter 909 is provided to
the sum block 915. The filter 911 in the depicted embodiment
is alow pass filter having a corner frequency of about 200 Hz.
The output of the filter 911 is provided to gain blocks 917 and
919. The value of the gain block 917 in certain embodiments
is 5 dB, although this value may be varied. The value of the
gain block 917 is provided to switch 921.

The gain block 919 has a value of 3 dB in certain embodi-
ments, although this value may also be varied. The output of
the gain block 919 is passed to the switch 921. If the output
mode is set to headphone, then the switch 921 passes the
output from the gain block 917. Otherwise, the switch 921
passes the output from the gain block 919. The output from
the switch 921 is provided to the sum block 915, which sums
the outputs from the switch 913, the filter 909, and the switch
921 to provide an output sample 923.

In certain embodiments, while the filters 903, 909, and 911
are shown separately, their processed output by the sum block
915 comprises a perspective filter curve. This perspective
filter or curve can have a different shape or frequency
response in head phone mode than in other (“Normal”)
modes. Thus, the terms perspective filter or curve in certain
embodiments can refer to both the combination of the filters
903, 909, 911 and to each filter 903, 909, 911 separately.
Example frequency response curves of the combined filters
903,909, and 911 are described with respect to FI1G. 14 below.

FIG. 9B illustrates an embodiment of rear perspective
module 900B, which in certain embodiments represents a
more detailed implementation of one or both of the perspec-
tive rear space and center modules 708, 716. The rear per-
spective module 900B beneficially includes one or more per-
spective filters or curves for producing or enhancing a front
surround sound effect.

In certain embodiments, the rear perspective filter module
900B receives an input sample 902, which is passed to a filter
904 and a filter 906. The filter 904, in certain embodiments, is
a high pass filter, with a corner frequency of about 13 kHz.
This value may be varied in certain embodiments.

The output of the filter 904 is passed to a filter 908, which
is a low pass filter having a corner frequency of 8 kHz in
certain embodiments. The output of the filter 908 is passed to
a gain block 910, which has a value of 0.665 (no units). This
value may also be varied in certain embodiments. The output
of the gain block 910 is provided to sum block 914.

The filter 906, in certain embodiments, is a low pass filter
having an example corner frequency of 950 Hz. The output of
the filter 906 is provided to a gain block 912, which includes
an example value of 0.34 (no units). The output of the gain
block 912 is provided to the sum block 914, which sums the
output of the gain block 912 and the output of the gain block
910 to produce an output sample 916.

In certain embodiments, while the filters 904, 906, 908 are
shown separately, their processed output by the sum block
914 comprises a perspective filter curve. Thus, the terms
perspective filter or curve in certain embodiments can refer to
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both the combination of the filters 904, 906, 908 and to each
filter 904, 906, 908 scparately.

FIG. 10 illustrates an embodiment of a dialog clarity mod-
ule 1000, which in certain embodiments represents a more
detailed implementation of the dialog clarity modules 351,
651 described above.

The dialog clarity module 1000 in certain embodiments
receives an input sample 1002. The input sample 1002 is
provided to a gain block 1004 and to a filter 1006. The value
of the gain block 1004 is 0 dB. In an embodiment the gain
block 1004 comprises a default bypass gain. The output of the
gain block 1004 is provided to switch 1014. If dialog clarity
is enabled, then the switch 1014 does not pass the output of
the gain block 1004. However, if dialog clarity is disabled,
then the output of the gain block 1004, which in certain
embodiments is the same or substantially the same as the
input sample 1002, is passed by the switch 1014 to the output
1016. Dialog clarity can be enabled or disabled, for example,
by a listener.

The filter 1006 is a high pass filter in certain embodiments,
having a corner frequency of about 723 hertz, although this
value may be varied. In certain embodiments, a transfer func-
tion H(z) describing the filter 1006 is given by:

where a, b, and b, represent filter coefficients, and where z
represents an independent complex variable. In certain
embodiments, a Transposed Direct Form II implementation
of this transfer function can be provided as follows, with
b=b,=-b,;:

yinj=y[n=1]+bx[n]

y[n=1]==bx[nj+ay[n],

where n represents an independent variable, x[n] represents
an input signal as a function of n, and y[n] represents an
output signal as a function of n. Example frequency response
curves associated with the filter 1006 are described below
with respect to FIG. 15.

The output of the high pass filter is provided to a multiply
block 1010 which receives a dialog clarity control input 1008.
In certain embodiments, the dialog clarity control input 1008
has a value from O to 1. The dialog clarity control input 1008
can determine the amount of dialog clarity enhancement that
is applied to the input signal 1002. In one example embodi-
ment, the dialog clarity enhancement has a value of 0.5.
However, other ranges and values also may be used.

The multiply block 1010 multiplies the dialog clarity con-
trol input 1008 with the output of the filter 1006 to produce an
output which is provided to sum block 1012. Sum block 1012
sums the input sample 1002 with the output of the multiply
block 1010 and provides an output to the switch 1014. If the
switch 1014 is enabled, then the switch 1014 passes the
output from the sum block 1012 as the output sample 1016.

FIG. 11 illustrates an example embodiment of a bass man-
agement network 1100. In certain embodiments, the bass
management network 1100 represents a more detailed
embodiment of the bass management network 380 described
above. Advantageously, the bass management network 1100
can enhance bass responses on subwoofer and non-sub-
woofer audio channels.

The bass management network 1000 in certain embodi-
ments includes bass enhancers 1120a and 11205. Advanta-
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geously, the bass enhancers 1120 can enhance audio frequen-
cies associated with a bass output. In addition, the bass
management network 380 includes an optional crossover net-
work, which includes one or more of filters 1126, 1128, 1130,
1118,1122, and 1136. In certain embodiments, this crossover
network enables bass frequencies to be localized in the sub-
woofer output 388 in some implementations where the sub-
woofer output 388 is used. Certain embodiments of frequency
responses for the filters 1126, 1128, 1130, 1118, 1122, and
1136 are described below with respect to FIG. 17.

The bass management system 1000 receives a left mix
output 262, a right mix output 264, a center mix output 266, a
subwoofer mix output 268, a left surround mix output 270,
and a right surround mix output 272 from the output mix
module 260. The left mix output 262 is provided to switch
1102. If a bass enhancer 1120aq is to be turned off, for
example, by a listener, the switch 1102 passes the left mix
output 262 to switch 1104. If a subwoofer is not provided on
the output (e.g., output mode is x_x__0), then the switch 1104
passes the left mix output 262 as the left output 382.

If, however, the bass enhancer is to be turned on, for
example, by a listener, then the switch 1102 passes the left
mix output 262 to the bass enhancer 1120a. The bass
enhancer 11204 processes the left mix output 262 to enhance
the bass response of selected low frequencies and passes an
output as the left output 382 and an output as the right output
384. Further details of an example bass enhancer 1120qa are
described below with respect to FIG. 12. In addition, the bass
enhancer 1120q (and the bass enhancer 11205) can, in certain
embodiments, use some or all of the bass enhancement tech-
niques disclosed in U.S. Pat. No. 6,285,767 to Klayman, titled
“Low-Frequency Audio Enhancement System,” issued Sep.
4, 2001, the disclosure of which is hereby incorporated by
reference in its entirety.

If the output mode is x_x__1, then the switch 1104 passes
the left mix output 262 to the filter 1126. As described above,
the filter 1126 is part of the crossover network and is used in
certain embodiments when the subwoofer output 388 is
present (e.g., during x_x__1 output modes). However, the
crossover network filters, including the filter 1126, need not
be used in every case where the subwoofer output 388 is used.

The filter 1126 is a high pass filter in the depicted embodi-
ment, having a configurable corner frequency from a range of
about 80 to about 200 hertz. The corner frequency, in one
embodiment, can be selected by a listener. In another embodi-
ment, the corner frequency is hard-coded into the bass man-
agement module 380. Other ranges or values for the corner
frequency can be chosen in certain embodiments. Advanta-
geously, by providing a high pass filter with a corner fre-
quency of about 80 to about 200 hertz, the filter 1126 removes
the low frequency components in the left mix output 262 and
thereby facilitates localizing the low frequency components
on the subwoofer output 388. The output of the filter 1126 is
provided as the left output 382.

The right mix output 264 is provided to a switch 1108. If
the bass enhancer 1120a is to be turned off, for example by a
listener, the switch 1108 passes the right mix output 264 to the
switch 1110. If the output mode is x_x__1, the switch 1110
passes the right mix output 264 as the right output 384. If,
however, the bass enhancer is to be turned on, then the switch
1108 passes the right mix output 264 to the bass enhancer
11204, which in turn passes an output as the right output 384
and an output as the left output 382.

If the output mode is x_x_ 0, the switch 1110 passes the
right mix output 264 to the filter 1128. In certain embodi-
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ments, the filter 1128 incorporates some or all of the same
functionality as the filter 1126. The filter 1128 provides the
right output 384.

The center mix output 266 is passed to a switch 1112. If the
output mode is 3_ 2_x, the switch 1112 passes the center mix
output 266 to switch 1114. Otherwise, the switch 1112 does
not pass the center mix output 266. The switch 1114 passes
the center mix output 266 as the center output 386 if the
output mode is x_x__ 1. However, if the output mode is x_x__
0, the switch 1114 passes the center mix output 266 to the
filter 1130. In certain embodiments, the filter 1130 has the
same or some of the same functionality as filters 1126. The
output of the filter 1130 is provided as the center output 386.

The subwoofer mix output 268 is passed to the switch
1116. If the output mode is x_x__ 1, then the switch 1116
passes the subwoofer mix output 268 to the filter 1118 and to
a subwoofer bass enhancer 11205. Otherwise, the switch
1116 does not pass the subwoofer mix output 268. The filter
1118, in certain embodiments, is a low pass filter having a
corner frequency of about 80 to 200 hertz. In one embodi-
ment, the corner frequency of the filter 1118 is set to be equal
to the corner frequencies of filters 1126, 1128, and 1130.
Advantageously, by establishing this arrangement with the
same corner frequencies, the filters 1118, 1126, 1128, 1130
and as described below 1134 and 1136 facilitate localizing the
bass or low frequency components of an audio signal on the
subwoofer.

The signal from the switch 1116 is also passed to the
subwoofer bass enhancer 112056, which enhances the low
frequency components of the bass signal. The output of the
filter 1118 is provided to switch 1132 and the output of the
subwoofer bass enhancer 11205 is provided to switch 1132. If
the sub bass enhancer is selected to be turned on, for example
by a listener, then the switch 1132 passes the output of the sub
bass enhancer 11205 but not the output of the filter 1118.
Otherwise, if the sub crossover network is selected to be
turned on, for example by a user, then the output of the filter
1118 is passed by the switch 1132 and the switch 1132 does
not pass the output of the subwoofer bass enhancer 11205.
The output of the switch 1132 is passed as the subwoofer
output 388.

The left surround mix output 270 is passed to a switch
1122. If the output mode is x_x__1, then the switch passes the
left surround mix output 270 to the filter 1134, which in
certain embodiments includes some or all of the functionality
of'the filter 1126. The output of the filter 1134 is provided as
the left surround input 391. Alternatively, if the output mode
is x_x_ 0, the switch 1122 provides the left surround mix
output 270 directly as the left surround output 391.

The right surround mix output 272 is provided to a switch
1124. Ifthe output mode is x_x__1, the switch 1124 passes the
right surround mix output 272 to a filter 1136, which in
certain embodiments includes some or all of the functionality
of'the filter 1126. The filter 1136 provides an output which is
the right surround output 392. Otherwise, if output mode
x_x_ 01is selected, the switch 1124 passes the right surround
mix 272 directly as right surround output 392.

FIG. 12 illustrates an example bass enhancer 1200. The
bass enhancer 1200 in certain embodiments can be a more
detailed implementation of the bass enhancer 1120a and/or
12005 described above. The bass enhancer 1200 can enhance
audio frequencies associated with a bass output. Example
frequency responses generated by the bass enhancer 1200 are
described below with respect to FIG. 16.

The bass enhancer 1200 is shown in the depicted embodi-
ment receiving a left input 1202 (e.g., a sample) and a right
input 1204 (e.g., a sample). Both the left and the right inputs
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1202 and 1204 are provided to default bypass gain blocks
1201 and 1246, respectively. The default bypass gain blocks
1201 and 1246 each have 0 dB gain such that if the bass
enhancer 1200 is bypassed, then the left input 1202 and the
right input 1204 are passed directly to the left output 1252 and
the right output 1254, respectively. A switch 1248 and a
switch 1250 respectively determine whether the bass
enhancer 1200 is to be bypassed.

The left input 1202 is also passed to a sum block 1208 and
to a sum block 1206. Likewise, the right input 1204 is passed
to a sum block 1202 and to the sum block 1206. The output of
the sum block 206 is a combined output of the sum of the left
inputs 1202 and the right input 1204. The output of the sum
block 1206 is provided to a low pass filter 1210.

The output of the low pass filter is provided to the sum
block 1208 and to another low pass filter 1214. In addition,
the output of the low pass filter 1210 is provided to a sum
block 1212. The sum block 1208 subtracts the input received
from the low pass filter 1210 from the left input 1202 and
provides an output to a sum block 1242. The sum block 1212
subtracts the low pass filter 1210 output from the right input
1204 and provides an output to the sum block 1244.

The low pass filter 1214 provides outputs to a multiply
block 1236, to a first band pass filter 1216, and to a second
band pass filter 1218. In certain embodiments, the cutoff
frequencies of the low-pass filters 1210 and the band-pass
filters’ 1216, 1218 center frequencies can be adjusted to
match the frequency response of speakers being used with an
audio system. A speaker size selector input 1220 is provided
to the first band pass filter 1216 and the second band pass filter
1218. In an embodiment speaker size selector input 1220 can
be selected so that the lowest of the band-pass center frequen-
cies is just above the low cutoff frequency of the speaker
system. An example table of center and corner frequencies of
the filters 1216, 1218, 1210 according to the speaker size
selector input 1220 is provided in the following Table 3:

TABLE 3

Example Speaker Size Selector Guidelines

Speaker
Cutoff Band Pass Filter Center
Frequency Frequencies Low Pass Filter

40 Hz 40 Hz 70 Hz 40 Hz
60 Hz 61 Hz 105 Hz 60 Hz

100 Hz 101 Hz 175Hz 100 Hz

150 Hz 151 Hz 263 Hz 150 Hz

200 Hz 202 Hz 351 Hz 200 Hz

250 Hz 252 Hz 439 Hz 250 Hz

300 Hz 315 Hz 462 Hz 300 Hz

400 Hz 420 Hz 568 Hz 400 Hz

The outputs of the band pass filters 1216 and 1218 are
provided to a sum block 1222. In certain embodiments, the
sum block 1222 adds the additive inverse ofthe output of each
band pass filter 1216, 1218 such that the output of each band
pass filter 1216, 1218 is inverted and then added by the sum
block 1222. The output of the sum block 1222 is provided to
a multiply block 1230 and to an absolute value block 1224.

The absolute value block 1224 takes the absolute value of
the input and provides a rectified output to a fast attack slow
decay (FASD) module 1226. The FASD module 1226 in
certain embodiments detects peaks in the output of the abso-
lute value block 1224. The FASD module 1226 can be used,
for example, to control attack and release times of the bass
enhancer 1200.
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The output of the FASD module 1226 is provided to an
integration module 1228, which provides an integrated output
to the multiply block 1230 and to a bass enhancer control
1240. The multiply block 1230 provides an output to sum
block 1232. Likewise, the multiply block 1236 supplies an
output to the sum block 1232. The multiply block 1236
receives a mix gain input 1234, which in certain embodiments
provides a flatter frequency response of the bass enhancer
1200 when the bass enhancer control 1240 is turned to a
minimum setting.

The output of the sum block 1232 is provided to multiply
block 1238 which also receives the bass enhancer control
input 1240. In certain embodiments, the bass enhancer con-
trol input 1240 specifies the amount of bass enhancement
provided to the input signals 1202, 1204. In certain embodi-
ments, the bass enhancer control input 1240 ranges from 0 to
1. However, other ranges may be used.

The output of the multiply block 1238 is provided to both
the sum blocks 1242 and 1244. The output of the sum block
1244 is provided to the switch 1248, which is passed to the left
output 1252 if bypass is not enabled. The output of the sum
block 1244 is provided to the switch 1250, which passes the
output of the sum block 1244 as right output 1254 if the
bypass is not enabled.

Turning to FIG. 13, an embodiment of a definition module
1300 is shown. In certain embodiments, the definition module
1300 represents a more detailed implementation of one or
more of the definition modules 393 described above. In some
implementations, perceptual coding techniques used in digi-
tal compression, and audio processing technology used in
broadcast transmission paths, can reduce the clarity of repro-
duced audio. The definition module 1300 therefore can
improve the perception of clarity and acoustic space in certain
embodiments.

The definition module 1300 receives an input sample 1302
which is provided to a default bypass gain block 1304 and to
a definition filter 1308. In addition, the input sample 1302 is
provided to a sum block 1314. In an embodiment, the default
bypass gain block 1304 has a 0 dB gain and therefore does not
amplify or does not substantially amplify or attenuate the
input sample 1302.

The output of the default bypass gain block 1304 is pro-
vided to a switch 1306. If definition control is enabled, for
example, by a user, the switch 1306 does not pass the output
of'the default bypass gain 1304. However, if definition control
is disabled, the switch 1306 passes the output of the default
bypass gain block 1304 as the output sample 1316.

The definition filter 1308 in certain embodiments pro-
cesses the input sample 1302 to emphasize certain high fre-
quency regions of the input sample 1302. An example fre-
quency response of the definition filter 1308 is described
below with respect to FIGS. 18 and 19.

The definition filter 1308 outputs the process sample to
multiplier block 1310 which also receives the definition con-
trol signal 1312. The definition control signal 1312 can deter-
mine the amount of definition control provided to the input
sample 1302. In certain embodiments, the range of values the
definition control signal 1312 has is from 0 to 1. However,
other ranges may be used.

The multiplier block 1310 provides an output to a sum
block 1314 which provides an output to the switch 1306. If
definition control is enabled, then the switch 1306 passes the
output of the sum block 1314 as the output 1316.

FIGS. 14 through 19 illustrate graphs of example embodi-
ments of some or all of the filters described above. The graphs
are plotted on a logarithmic frequency scale and an amplitude
scale which is measures in dBFS, or decibels full scale. While
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phase graphs are not shown, in certain embodiments each
respective graph has a corresponding phase graph. In addi-
tion, different graphs may have different magnitude scales
reflecting that different filters may have different amplitudes,
so as to emphasize certain components of sound and de-
emphasize others.

In the depicted embodiments, each graph is shown having
an input. For example, FIG. 14 depicts an input 1402, FIG. 15
depicts an input 1502, and so on. The input in certain embodi-
ments is a =15 dBFSs input that is swept across the entire, or
substantially entire, audible frequency range, from 20 Hz to
20 kHz. Each graph also includes one or more traces. For
example, FIG. 14 includes traces 1404, 1406, and 1408. The
traces show an example magnitude response of the filter over
the displayed frequency range.

While the responses show by the traces in FIGS. 14 through
19 are shown throughout the entire 20 Hz to 20 kHz frequency
range, these response in certain embodiments need not be
provided through the entire audible range. For example, in
certain embodiments, certain of the frequency responses can
be truncated to, for instance, a 40 Hz to 10 kHz range with
little or no loss of functionality. Other ranges may also be
provided for the frequency responses.

Turningto FIG. 14, a graph 1400 is shown which illustrates
traces 1404, 1406 and 1408. In certain embodiments, the
traces 1404, 1406 and 1408 illustrate example frequency
responses of one or more of the perspective filters described
above, such as the front and or rear perspective filters. The
trace 1404 represents an example embodiment where a sur-
round level setting is set to 0%. Trace 1406 is an example
embodiment where a surround level setting is set to 50%, and
trace 1408 is an example trace where the surround level is set
to 100%.

The trace 1404 starts at about —16 dBFS at about 20 Hz, and
increases to about —11 dBFS at about 100 Hz. Thereafter, the
trace 1404 decreases to about —17.5 dBFS at about 2 kHz and
thereafter increases to about —-12.5 dBFS atabout 15kHz. The
trace 1406 starts at about —14 dBFS at about 20 Hz, and it
increases to about —10 dBFS at about 100 Hz, and decreases
to about —16 dBFS at about 2 kHz, and increases to about =11
dBFS at about 15 kHz. The trace 1408 starts at about -12.5
dBFS at about 20 Hz, and increases to about -9 dBFS at about
100 Hz, and decreases to about —14.5 dBFS at about 2 kHz,
and increases to about —10.2 dBFS at about 15 kHz.

As shown in the depicted embodiments of traces 1404,
1406, and 1408, frequencies in about the 2 kHz range are
de-emphasized by the perspective filter, and frequencies at
about 100 Hz and about 15 kHz are emphasized by the per-
spective filters. These frequencies may be varied in certain
embodiments.

FIG. 15 illustrates an example graph of a frequency
response or responses of an example dialog clarity filter. The
frequency responses include two example responses illus-
trated by traces 1506 and 1508. In certain embodiments, the
frequency responses illustrated by traces 1506 and 1508 com-
prise high pass filters because the frequency responses
emphasize higher frequencies and de-emphasize lower fre-
quencies. The trace 1504 represents a 0% level of dialog
clarity. The trace 1506 represents a 50% level of dialog clar-
ity. The trace 1508 represents a 100% level of dialog clarity.

In an embodiment, the trace 1504 is about —22.5 dBFS for
the entire audible frequency spectrum. In one embodiment,
the trace 1506 starts at about —-22.5 dBFS at about 20 Hz and
increases to about —17 dBFS at about 2 kHz. The trace 1508
starts at about —22.5 dBFS at about 20 Hz and increases to
about —-14 dBFS at about 2 kHz.
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FIG. 16 illustrates an example graph 1600 showing
embodiments of traces 1604 and 1606. The traces 1604 and
1606 illustrate example frequency responses of front and
subwoofer bass enhancers, which in an embodiment, are the
same bass enhancer implemented with different frequency
responses of the respective filters.

The trace 1604 starts at about —18 dBFS at about 20 Hz and
increases to about =11 dBFS at about 55 Hz, and thereafter
decreases to less than —40 dBFS at about 300 Hz. The trace
1606 starts at about -9 dBFS at about 20 Hz and increases to
about 6.2 dBFS at about 60 Hz, and decreases to about —23
dBFS at about 400 Hz. The curves shown by traces 1604 and
1606 illustrate traces or frequency responses of a bass
enhancer for a speaker with a 60 Hz cutoff frequency. Differ-
ent frequency responses may be provided for other speakers
having different cutoff frequencies.

FIG. 17 illustrates an example graph 1700 which depicts an
embodiment of filters used in a crossover network, such as the
crossover networks described above. The frequency
responses of two example filters are shown, including a fre-
quency response represented by trace 1704 and a frequency
response represented by trace 1706. In one embodiment, the
frequency response represented by trace 1704 corresponds to
a crossover network filter applied to a subwoofer, and the
trace 1706 represents a frequency response of a crossover
network filter applied to front left and/or right speakers.

The trace 1704 starts at about —22.5 dBFS at about 20 Hz
and falls off to about —40 dBFS at about 220 Hz. The corner
frequency for the trace 1704 is about 60 Hz. The trace 1706
starts at about ~40 dBFS at about 30 Hz and increases to about
-23 dBFS at about 200 Hz. Advantageously, the trace 1704
and the trace 1706 illustrates that the crossover network filters
out low frequencies on the non-subwoofer channels and fil-
ters out high frequencies on the subwoofer channel, thereby
localizing a bass response on the subwoofer channel.

FIG. 18 illustrates an example graph 1800 that shows an
embodiment of the definition filter frequency responses.
Three frequency responses are shown represented by traces
1804, 1806, and 1808. The trace 1804 illustrates a definition
amount of about 0%. The trace 1806 illustrates a definition
amount of about 50%. The trace 1808 illustrates a definition
amount of about 100%.

The trace 1804 is about —-22.5 dBFS for the entire fre-
quency range shown. The trace 1806 starts at about —22.5
dBFS, decreases to about —23.5 dBFS at about 400 kHz, and
increases to about —13 dBFS at about 10 kHz. The trace 1808
starts similarly at about —22.5 dBFS and decreases to about
-24.5 dBFS at about 400 Hz, and increases to about —-8.7
dBFS at about 10 kHz.

In certain embodiments, the traces shown in the graph 1900
are applied to the front left and front right outputs, e.g. using
the definition modules 393a and 3935.

FIG. 19 illustrates a graph 1900 that depicts example
embodiments of frequency responses of a definition filter,
such as the definition filter 393¢ applied to the front center
output in the audio system 300. The definition filter frequency
responses shown include 3 frequency responses represented
by traces 1904, 1906 and 1908 which correspond to values of
definition control of 0%, 50%, and 100% respectively.

The trace 1904 is about -24 dBFS throughout the entire
frequency spectrum. The trace 1906 starts at about -24 dBFS
at about 20 Hz, decreases to about —23 dBFS at about 400 Hz,
and increases to about —14.5 dBFS at about 10 kHz, and the
trace 1908 starts at about —24 dBFS at about 20 Hz and
decreases to about —26 dBF'S at about 400 Hz, and increases
to about —-10 dBFS at about 10 kHz.
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Depending on the embodiment, certain acts, events, or
functions of any of the methods described herein can be
performed in a different sequence, may be added, merged, or
left out all together (e.g., not all described acts or events are
necessary for the practice of the method). Moreover, in cer-
tain embodiments, acts or events may be performed concur-
rently, e.g., through multi-threaded processing, interrupt pro-
cessing, or multiple processors, rather than sequentially.

The various illustrative logical blocks, modules, circuits,
and algorithm steps described in connection with the embodi-
ments disclosed herein may be implemented as electronic
hardware, computer software, or combinations of both. To
clearly illustrate this interchangeability of hardware and soft-
ware, various illustrative components, blocks, modules, cir-
cuits, and steps have been described above generally in terms
of their functionality. Whether such functionality is imple-
mented as hardware or software depends upon the particular
application and design constraints imposed on the overall
system. The described functionality may be implemented in
varying ways for each particular application, but such imple-
mentation decisions should not be interpreted as causing a
departure from the scope of the disclosure.

The various illustrative logical blocks, modules, and cir-
cuits described in connection with the embodiments dis-
closed herein may be implemented or performed with a gen-
eral purpose processor, a digital signal processor (DSP), an
application specific integrated circuit (ASIC), a field pro-
grammable gate array (FPGA) or other programmable logic
device, discrete gate or transistor logic, discrete hardware
components, or any combination thereof designed to perform
the functions described herein. A general purpose processor
may be a microprocessor, but in the alternative, the processor
may be any conventional processor, controller, microcontrol-
ler, or state machine. A processor may also be implemented as
a combination of computing devices, e.g., a combination of a
DSP and a microprocessor, a plurality of microprocessors,
one or more microprocessors in conjunction with a DSP core,
or any other such configuration.

The steps of amethod or algorithm described in connection
with the embodiments disclosed herein may be embodied
directly in hardware, in a software module executed by a
processor, or in a combination of the two. A software module
may reside in RAM memory, flash memory, ROM memory,
EPROM memory, EEPROM memory, registers, hard disk, a
removable disk, a CD-ROM, or any other form of storage
medium known in the art. An exemplary storage medium is
coupled to the processor such the processor can read infor-
mation from, and write information to, the storage medium.
In the alternative, the storage medium may be integral to the
processor. The processor and the storage medium may reside
in an ASIC. The ASIC may reside in a user terminal. In the
alternative, the processor and the storage medium may reside
as discrete components in a user terminal.

While the above detailed description has shown, described,
and pointed out novel features as applied to various embodi-
ments, it will be understood that various omissions, substitu-
tions, and changes in the form and details of the device or
process illustrated may be made without departing from the
spirit of the disclosure. As will be recognized, certain
embodiments of the inventions described herein may be
embodied within a form that does not provide all of the
features and benefits set forth herein, as some features may be
used or practiced separately from others. The scope of the
inventions is indicated by the appended claims rather than by
the foregoing description. All changes which come within the
meaning and range of equivalency of the claims are to be
embraced within their scope.
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What is claimed is:

1. A method for processing audio signals, the method com-
prising:

receiving left and right front audio signals, the left and right

front audio signals each comprising information about a
front spatial position of a sound source relative to a
listener;

receiving left and right rear audio signals, the left and right

rear audio signals each comprising information about a
rear spatial position of a sound source relative to a lis-
tener;
applying one or more definition filters to the left and right
front audio signals to enhance the left and right front
audio signals, the one or more definition filters config-
ured to produce left and right front output signals;

providing the left and right front output signals to first front
speakers;

applying at least one rear perspective filter to each of the

left and right rear audio signals to yield left and right rear
output signals; and

applying the left and right rear output signals to second

front speakers, wherein the left and right rear output
signals are each configured to drive one of the second
front speakers to simulate a rear surround sound effect.

2. The method of claim 1, further comprising enhancing
dialog of at least one of (a) the left and right front audio
signals and (b) a center front audio signal.

3. The method of claim 1, further comprising enhancing a
bass response associated with at least the filtered left and right
front output signals.

4. The method of claim 1, wherein the at least one rear
perspective filter comprises a combination of a high pass
filter, a first low pass filter, and a second low pass filter.

5. The method of claim 4, wherein the high pass filter has
a corner frequency of about 13 kHz.

6. The method of claim 4, wherein the first low pass filter
has a corner frequency of about 950 Hz.

7. The method of claim 4, wherein the second low pass
filter has a corner frequency of about 8 kHz.

8. The method of claim 1, further comprising processing at
least a portion of the filtered left and right front output signals
and the filtered left and right rear output signals with a cross-
over network.

9. The method of claim 1, wherein the method is imple-
mented by one or more processors.

10. A system for processing audio signals, the system com-
prising:

a definition module configured to:

receive left and right front audio signals each comprising
information about a front spatial position of a sound
source relative to a listener,

apply one or more definition filters to the left and right
front audio signals to enhance the left and right front
audio signals and thereby produce left and right front
output signals, and

output the left and right front output signals for playback
by first front speakers; and

at least one rear perspective filter configured to:

receive left and right rear audio signals each comprising
information about a rear spatial position of a sound
source relative to a listener,

filter each of the left and right rear audio signals to yield
left and right rear output signals, and

output the left and right rear output signals for playback
by second front speakers, wherein the left and right



US 9,232,312 B2
23

rear output signals are each configured to drive one of
the second front speakers to simulate a rear surround
sound effect.

11. The system of claim 10, further comprising a dialog
clarity module configured to enhance dialog in at least one of 5
(a) the left and right front audio signals and (b) a center front
audio signal.

12. The system of claim 10, further comprising a bass
management module configured to enhance a bass response
associated with one or more of the filtered left and right front 10
output signals and a subwoofer audio signal.

13. The system of claim 10, wherein the dialog clarity
module is configured to enhance dialog in at least one of (a)
the left and right front audio signals and (b) a center front
audio signal by emphasizing formants in a high frequency 15
range of speech.

14. The system of claim 10, wherein the at least one rear
perspective filter comprises a combination of a high pass
filter, a first low pass filter, and a second low pass filter.

15. The system of claim 14, wherein the high pass filter has 20
a corner frequency of about 13 kHz.

16. The system of claim 14, wherein the first low pass filter
has a corner frequency of about 950 Hz.

17. The system of claim 14, wherein the second low pass
filter has a corner frequency of about 8 kHz. 25
18. The system of claim 10, wherein one or both of the
definition module and the at least one rear perspective filter

are implemented by one or more processors.

19. The system of claim 10, further comprising the first
front speakers and second front speakers. 30
20. The system of claim 19, wherein the second front

speakers are in proximity with the first front speakers.
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